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STUDY SCHEDULE NO. 14 

For each study step, read the assigned pages first at your 
usual speed. Reread slowly one or more times. Finish 
with one quick reading to fix the important facts firmly 
in your mind, then answer the Lesson Questions for that 
step. Study each other-step in this same way. 

f~~l I. Introduction to Acoustics .. .Pages 1-7 

Since the entire broadcasting system is created for the purpose of transferring 
sound from one point on the earth to another, you will find this discussion of 
sonnd to be highly interesting. This is background information, to help yon 
understand the characteristics of sound as they affect the electrical signal. 
Answer Lesson Questions 1, 2, 3, 4, and 5. 

l~~l 2. Technical Facts about Sound and Hearing .Pages 8-13 

Here you will learn the technical differences between noise, speech, and music, 
and will learn that the human ear has peculiar response characteristics—im¬ 
portant to radio systems. Answer Lesson Questions 6 and 7. 


fl 3. Sound Pickups and Reproducers.Pages 14-17 

An introduction to pickups and reproducers, in which you learn how sound is 
converted into electrical currents, and vice versa. 

f"l 4. Requirements of an Audio Amplifier ..Pages .18-25 

A practical section showing how an amplifier can distort sound signals. Answer 
Lesson Question 8. 

□ 5. The Fundamentals of Television .Pages 26-31 

Old and modern ways of converting a scene or picture into electrical signals 
which can be handled by a radio broadcasting system. Answer Lesson Ques¬ 
tion 9. 

f~1 6. Video Amplifier Requirements ..Pages 32-36 


The wide range of frequencies which must be handled in modern television re¬ 
quire unique circuits. This section is intended to give you an idea of some of 
the problems—don't spend too much time on it as you will study television in 
far greater detail later. Answer Lesson Question 10. 

f~l 7. Mail your Answers for this Lesson to N.R.I. for Grading. 

f~l 8. Radio Receiver Troubles—Their cause and 

Remedy.Reference Text I4X-I 

Read the instructions on the inside front cover of this text, then just thumb 
through the book, reading only the headlines, to get acquainted with its con¬ 
tents and learn how to find any desired subject in it. Once you begin actual 
servicing of radio sets, you’ll really appreciate the value of this carefully 
eross-indexed summary of receiver troubles. 

f~~| 9. Start Studying the Next Lesson. 
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HOW SOUNDS AND SCENES ARE CONVERTED INTO 
AND REPRODUCED FROM ELECTRICAL SIONALS 


Introduction to Acoustics 


R ADIO, as you know, is a means of 
sending intelligence through space. 
Since it requires no man-made paths 
between sending and receiving points, 
it is obviously more desirable in many 
cases than communication systems 
which send the same intelligence over 
land wires or cables. Although land 
wire telephone, telegraph, and picture- 
transmitting systems are not of par¬ 
ticular importance to radio men, they 
differ fundamentally from radio sys¬ 
tems only in the method used for trans¬ 
mitting the intelligence from the send¬ 
ing to the receiving point. In fact, re¬ 
search work carried out by telegraph 
and telephone companies has con¬ 
tributed much to the improvement of 
radio apparatus and technique. 

► The three forms of intelligence 
which can be sent over either wire or 
radio communication systems are: 1, 
sound , such as that used in radio 
broadcasting, in radiotelephone com¬ 
munication, and in telephone systems; 
2, pictures , either still or moving, such 
as those transmitted by radio or land 
wire television and facsimile systems; 
8, code, such as the dots and dashes 
used in radio and wire telegraphy. 

Code transmission can be obtained 
simply by opening and closing a key 
in the transmitter circuit which, in the 
case of radio, causes the carrier cur¬ 
rent to be fed intermittently to the an¬ 
tenna and which, in the case of wire 
telegraphy, sends pulses of current 
over the land wires. 

On the other hand, sounds and scenes 


represent intelligence which must be 
converted into equivalent electrical 
signals before being sent over wires or 
given “rides” through space on radio 
carriers. At the receiving end, the in¬ 
telligence signals pass through many 
electrical circuits before being restored 
into the original sounds or scenes. 

Thus, we must have a device capa¬ 
ble of responding to all the character¬ 
istics of the sounds or the scenes, so 
that it can render a faithful electrical 
reproduction of the desired intelli¬ 
gence. Also, we must have reproducing 
equipment which can be fed an electri¬ 
cal signal and which will reproduce the 
original sounds or scenes as faithfully 
as is economically practical. 

Furthermore, amplifiers must be 
used in both the transmitter and the 
receiver, in order to increase the volt¬ 
age and the power of the electrical sig¬ 
nal. Since the electrical signal charac¬ 
teristics, in turn, depend upon the 
sounds or the scenes, we must learn 
something about the characteristics 
of sound waves and light waves. First, 
we will study sound waves. 

SOUND IS A WAVE MOTION 

You know that sound can be pro¬ 
duced by striking metal objects to¬ 
gether, by rustling stiff paper, by vi¬ 
brating your vocal chords, by pluck¬ 
ing a stiff wire or spring, or by any one 
of thousands of different methods. 
Yet, though the ways we can create 
sound appear to be many and varied, 
they are basically identical. In every 
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FIG. I. When a piano key it depretied, a "ham¬ 
mer" strikes a piano wire [actually a group of 
wires). The wire is set into vibration; this vibra¬ 
tion is transferred to the surrounding air mole¬ 
cules. The alternate compressions and rarefac¬ 
tions of the air result in sound waves which travel 
out from the wire In all directions. (For clarity, 
only one direction is indicated hare.) 

case, we create sound only if we pro¬ 
duce a vibration. The vibration may 
be of very short duration, as when two 
stones are struck together, or it may be 
prolonged, as when a bell is rung— 
but, whether short or long, a vibration 
must exist before sound can be pro¬ 
duced. 

► However, a vibration alone is not 
enough to make a sound. The follow¬ 
ing is a favorite experiment in high- 
school physics classes: An alarm clock 
is suspended in a glass jar. The jar is 
then sealed except for a hose connec¬ 
tion leading to an evacuation pump. 
Provided enough of the air in the jar 
is removed, no sound is heard when the 
alarm clock goes off—even though you 
pan aotually see the clock hammer 


strike the bell. This is an illustration 
of another basic fact about sound: no 
sound is produced by a vibration which 
occurs in a vacuum. There must be an 
elastic medium, capable of conducting 
the sound vibrations, in contact with 
the vibrating object before a sound is 
produced. This medium may be a gas, 
like air, or a liquid, like water, or a 
solid, like steel—in fact, it may be 
anything but a vacuum. 

We know, then, that we must have 
some vibrating object and some med¬ 
ium in contact with the object before 
we can have a sound. Scientists tell us 
that the sound itself consists of a vi¬ 
bration of the medium. The vibrating 
object is the source of sound, the med¬ 
ium is the substance through which 
the sound is transmitted, but the sound 
itself is not a physical objeot like either 
of these; it is a vibratory motion. 

► Let's make this clearer with an ex¬ 
ample. Suppose we consider what hap¬ 
pens when a piano wire is struck by 
its hammer. Fig. 1A shows a piano 
wire, its hammer, and a schematic rep¬ 
resentation of a few of the air mole¬ 
cules which surround the wire. If we 
strike the piano key, the hammer hits 
the wire and bows it outward. The 
moving wire strikes the air molecules 
a in front of it and drives them for¬ 
ward; they then strike moleoules b, 
whioh in turn are driven forward to 
strike molecules c, and so on. In this 
way, the motion of molecules a will be 
transferred all the way along the line 
of molecules. In fact, if it were not for 
the inevitable losses of energy which 
occur in such an operation, the for¬ 
ward motion of the molecules would be 
transferred indefinitely. 

However, it is only the motion which 
is transferred in this manner; the in¬ 
dividual molecules lose most of their 
energy when they strike the next mole¬ 
cules in line, and soon come to a stop. 
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In other words, molecules do not travel 
from the source of sound to you —they 
pass along energy from one to another. 

Fig. IB shows the molecules as they 
would look an instant after the ham¬ 
mer has struck the wire. As you can 
see, the forward motion of the mole¬ 
cules has produced a compression of 
the air in the region of molecules a, b, 
and c, while farther on, where the mo¬ 
tion has not yet reached, the molecules 
are still their normal distances apart 
(the air is uncompressed). 

After it has bowed as far forward 
as it will go, the piano wire snaps back 
toward its original position. However, 


Fig. 1C shows the distribution of 
the molecules when the piano wire has 
reached the end of its backward swing: 
molecules a, b, and c are now farther 
apart than normal, because they are 
still moving to fill up the vacuum cre¬ 
ated by the backward motion of the 
wire; hence, the air in this region is 
rarefied. (Rarefy means to make less 
dense; it is the opposite of compress.) 
Molecules d, e, and / have already 
gone, through their forward motion, 
and are just starting on their backward 
motion. Therefore, they are about their 
normal distances apart, and the air in 
this region is neither compressed nor 



Hare is experimental proof that sound-producing 
bodies vibrate. The tuning fork will produce 
sounds when struck and forced into vibration. 
If a ball is suspended so that it touches the 
vibrating fork, it will bounce away, proving that 
the fork is in motion. 


because of. its elasticity, it does not 
just come back and stop; instead, it 
overtravels and bows backward. Its 
backward motion drives away the air 
molecules which were originally be¬ 
hind it, leaving a partial vacuum in its 
path. Molecules a, which by this time 
have stopped their forward motion, 
now rush back to fill up this vacuum; 
molecules b then come back to fill the 
space vacated by molecules a, mole¬ 
cules c come back to take up the 
space just vacated by molecules b, and 
bo on. We now have a backward mo¬ 
tion of the air molecules which, like 
the previous forward motion, will be 
transferred all along the line of mole¬ 
cules. 


rarefied. Molecules g, h, and i are still 
going through their forward motions, 
so the air in their region is compressed. 
Thus, distant molecules are made to 
move back and forth in the same man¬ 
ner as those at the source of the sound. 

The piano wire will snap back and 
forth at least several more times be¬ 
fore it comes to rest, and each com¬ 
plete back-and-forth motion will pro¬ 
duce two motions which will be trans¬ 
ferred through the air molecules sur¬ 
rounding the wire—a forward motion 
(which we can call a compression 
wave) and a backward motion (a wave 
of rarefaction). Remember: the indi¬ 
vidual molecules move forward only 
until they strike other molecules, and 
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move backward only until they are 
struck by the next wave of forward- 
moving molecules. 

► Let’s pretend that the piano wire 
produces a pure tone having sine-wave 
characteristics. (Actually it doesn’t 
produce a pure sine wave, but let’s see 
what could happen if this were true.) 
Then, Fig. 2 illustrates the movements 
of the molecules after the piano wire 
has vibrated several times. Instead of 
picturing just two lines of molecules in 
this figure, we have drawn curved ver¬ 
tical lines which represent millions of 


ticular instant. The horizontal line rep¬ 
resents normal air pressure. At points 
of rarefaction, the air pressure is below 
normal; at points of compression, it is 
above normal. The final result, when 
we draw a curve through all the points 
constructed, is a simple sine wave. 

► However, whether or not the sound 
wave is a sine wave, regardless of its 
form, the air molecules will be alter¬ 
nately compressed and rarefied. The 
plot of air pressure thus follows the vi¬ 
brations of the source, so that the plot 
shows the exact wave shape. This 
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Another of wav« propagation. Whan ball 1 h 

struck by tha cua at tha laft (in A) it moves forward, 
striking ball 2. Ball I then stops rolling as its energy has 
been imparted to ball 2, which now strikes ball 3, etc. As 
shown in B, C, and D, the balls move successively as en¬ 
ergy is transferred from ball to ball. Sound energy is 
transmitted from molecule to molecule in much the sakne 

way. 


molecules; each molecule on a given 
line is the same perpendicular distance 
from the piano wire as every other 
molecule on that line. The lines which 
are bunched close together therefore 
represent compression waves, while 
those spread out represent waves of 
rarefaction. 

Notice the wave form shown direct¬ 
ly below the picture of the sound 
waves. This wave form is constructed 
from the picture by plotting the air 
pressure or air density at various dis¬ 
tances from the piano wire, at one par- 


means that sound is a variation of pres¬ 
sure in the transmitting medium. 

► To put this important fact another 
way, we can say that a diaphragm 
struck by a sound will be alternately 
pushed in by the compression waves 
and pulled out by the waves of rare¬ 
faction. The pressure on the face of the 
diaphragm will vary above and below 
normal. 

► Actually, a sound wave is very sel¬ 
dom a pure sine wave. The vibrating 
piano wire we have already discussed 
would, in addition to the fundamental 
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sine wave pictured, also give off sev¬ 
eral harmonics of the fundamental, 
and might have an extremely complex 
wave shape. You will learn more about 
this a little later in this lesson. 

SPEED OF SOUND WAVES 

The speed of sound waves in any 
solid or liquid material depends upon 
two things, the elasticity of the mater¬ 
ial and the density of. the material. 
You know that a material can be made 
to stretch or compress by applying 
force; the amount of compressing or 
stretching (the decrease or increase in 
size) is called the strain. The more 
force it takes to strain a material a 
given amount without permanently 
changing its shape, the greater is the 
elasticity or springiness of this ma¬ 
terial. 

Notice—this scientific definition of 
elasticity is just about the opposite of 
the way most people use the word. The 
average man would say, for example, 
that rubber is more elastic than steel. 
But according to the scientific defini¬ 


tion of elasticity, steel is much more 
elastic than rubber, for it takes much 
more force to compress a piece of steel 
a given amount than it does to com¬ 
press a piece of rubber the same 
amount. Keep the scientific definition 
clearly in mind, for that is what we 
mean when we refer to the elasticity 
of a material. As a general rule, the 
harder a material, the more elastic it is. 

► The density of a material is its 
weight per unit volume; if bricks of 
identical size are made up from various 
materials, the material in the heaviest 
brick will have the greatest density. 

► The more elastic a sound-conduct¬ 
ing material is, the faster sound waves 
can travel through it; the greater the 
density of a sound-conducting ma¬ 
terial, the slower will be the speed of 
sound waves through it. Both elasticity 
and density must be considered in de¬ 
termining whether one material will 
transmit sound faster than another. If 
two material objects have approxi¬ 
mately equal densities, you can deter¬ 
mine readily which will transmit sound 



FIG. 2. By plotting the air pressure we would find that the sound waves travel away from the wire as 
alternate changes in pressure. The actual "plot 11 will show the wave form of the source. Thus, we 
get a sine-wave plot if the source produces sine-wave sounds. (A piano wire produces a more com¬ 
plex wave than that shown here.] 









waves the faster by comparing their 
elasticities. For example, sound waves 
travel faster through aluminum than 
through soft rubber, because aluminum 
has a higher elasticity. 

The speed of sound waves differs for 
various materials and even varies con¬ 
siderably with conditions in the same 
material. With air, for instance, the 
speed of sound waves increases with 
barometric pressure and with tempera¬ 
ture. Careful laboratory experiments 
have shown that, at a normal atmos¬ 
pheric pressure and at a temperature 
of 0° centigrade, the speed of sound 
waves through air is about 1,089 feet 
per second. (These measurements are 
made in still air, since wind naturally 
affects the speed of sound in air.) Since 
the speed of electromagnetic waves 
(radio and light waves) is 186,000 
miles per second, it is easy to under¬ 
stand why you can see lightning a long 
time before you hear the thunder which 
it produces. 

Sound waves travel through water 
at a rate above 4700 feet per second. 
Steel is about seven times as dense as 
water (which would tend to slow up 
sound waves), but its elasticity is so 
much greater than water that sound 
waves will travel through steel at about 
16,300 feet per second, almost four 
times their speed through water. 

REFLECTED, TRANSMITTED 

AND ABSORBED SOUNDS 

In radio and in the allied fields of 
public address and sound movies, we 
have a great deal to do with sounds 
produced in air. Ordinarily, these 
sounds are produced, in rooms or in 
confined places where walls, ceilings or 
floors prevent the sound from travel¬ 
ing out in all directions. When sound 
waves strike a material, they are re¬ 
flected from the surface of the ma¬ 
terial , absorbed by the material , or 


transmitted through the material; 
these three factors are shown in Fig. S. 

Echoes. When sound waves are re¬ 
flected by a flat surface which is quite 
far away from the source of sound, we 
may hear echoes , which are distinct 
but weaker reproductions of the orig¬ 
inal sound. Echoes are heard in many 
large rooms or in small rooms having 
curved walls which reflect the sound 
waves back to their source in a concen¬ 
trated form. Echoes can be removed 
from a room by changing its shape or 
making it smaller; this clearly is a job 
for the architect. 

Reverberation. When sound waves 
are reflected repeatedly back and forth 



FIG. 3. Three things cen happen to a sound 
wave which hits the surface of a material, as 
shown here. The kind of material will determine 
which one (or more) of these effects will occur. 

between the walls of a room in a man¬ 
ner similar to that shown in Fig. 4 > we 
have reverberation . The waves which 
reach the listener after reflection (over 
paths 2, S, and 4 ) mix with the waves 
heard directly (over path 1) to give a 
“blurred" sound. The blur is produced 
because the reflected waves take long¬ 
er than the direct waves to reach the 
listener, since they have farther to go. 
Thus, a sound heard over path 1 is fol¬ 
lowed a fraction of a second later by 
the same sound heard over path then 
by the same sound heard over path 5, 
and finally by the same soifnd heard 
over path 4 - This means that Bounds 
coming over path 1 will be interfered 
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with by earlier sounds coming over the 
other paths. This reduces the under- 
standability of words. If a great many 
such reflection paths exist, it may take 
a considerable time for a sound to die 
out, so that all intelligibility is lost. 

The time required for a sound in a 
room to decrease to one-millionth of 
its original intensity is called the 
reverberation period of the room. Audi¬ 
toriums which have reverberation pe¬ 
riods of between one and two seconds 
are considered to have good acoustic 
qualities. The reverberation period of 
a room can be reduced by placing 
sound-absorbing material on the walls 
and ceiling. 

Sound-Absorbing Materials. The 

better the sound-absorbing material 
used, the less sound will be reflected or 
transmitted. A soundproof room must 
have good sound-absorbing surfaces 
which keep out external sounds and 
also absorb sounds produced inside. An 
open window is sometimes considered 
to be an ideal sound “absorber” be¬ 
cause it allows the sound to pass out 
of the room; on the other hand, it also 
allows external sound to enter the 
room, so you can’t soundproof a room 
by leaving all the windows openl A 
sound-absorbing material dissipates 
the sound energy by converting it into 
heat. There are two ways of doing this: 
lj a porous material has tiny “pockets” 
such that when sound waves enter, 
their energy is dissipated by being re¬ 
flected back and forth in the pocket; 
and 2, soft materials will “give” under 
sound pressures but do not have the 
elasticity to bounce back and “throw” 
the sound wave back as a reflection. 
Thus, energy is absorbed by the “cush¬ 
ioning” effect of the material. Solid 
dense materials are good sound trans¬ 
mitters, and therefore poor absorbers; 
soft, pliable, and porous materials like 



FIG. 4. Reverberations ara produced whanavar 
sound* can come to a listenar ovar mora than 
ono path. Thus, sound waves raflected from tha 
walls may travel ovar paths 2, 3, and 4 to the 
fistaner. A* thesa paths ara longar than tha 
direct path (I), these reflected sounds arrive 
later than the direct sound waves. If they are 
of sufficient strength, they may blur the sounds. 
However, a certain amount of reverberation is 
desirable when listening to music. 

velvet, Celotex, rock wool, cotton, car¬ 
pet, and porous plaster are good sound¬ 
absorbing materials. The thicker the 
material, the more absorption of sound 
there will be. 

► The fact that an audience absorbs 
sound waves is recognized by public 
address technicians; they reduce re¬ 
verberation and echo effects by using 
directional loudspeakers which are di¬ 
rected at the audience rather than at 
the walls of the auditorium. The same 
thing is done in movie theatres—pos¬ 
sibly you have noticed that the sound 
changes in quality as the size of the 
audience changes. 

► So far, we have shown how sounds 
are produced, and also indicated some 
of the problems encountered when 
sound waves are produced within 
rooms. Reflection and sound absorp¬ 
tion have much to do with the charac¬ 
teristics of the waves which we intend 
to pick up. Before we go into a study 
of pickups, however, let us learn more 
about the wave shapes which we will 
encounter. 
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Technical Facts About Sound and Hearing 


A vibrating body, as you already 
know, produces sound waves. Since 
these sound waves consist of compres¬ 
sions and rarefactions of the particles 
in the transmitting medium, sound 
waves are studied best by measuring 
the pressure which they exert in the 
medium. Thus, in Fig. 2, the pressure 
which the sound waves (produced by 
a vibrating piano wire) exert at any 
point varies in exactly the same man¬ 
ner as the motion of the wire. If the 
diaphragm mechanism shown in Fig. 
5A is placed in the path of a sound 
wave, the variations in sound pressure 
will bend the diaphragm in and out. 
This motion will be traced on a mov¬ 
ing strip of paper by the link and pen¬ 
cil mechanism. If the sound wave is of 
a simple sinusoidal form, the tracing 
on paper will resemble the sine wave 
shown in Fig. 6B; if it is of a complex 
form, the tracing may be somewhat 
like that shown in Fig. 5C. 

You will learn shortly that a com¬ 
plex sound wave, like that shown in 
Fig. 6C, consists of a basic or funda¬ 
mental frequency and many overtone 
or harmonio frequencies, each of which 
can be considered to be a simple sine 
wave. Any simple sine wave has two 
important chara cteristi cs —amplitude 
and frequency —whether it is a sine- 
wave sound traveling in a sound-con- 
duoting medium or a sine-wave cur¬ 
rent flowing in an electrical circuit. 
The amplitude of a sound wave deter¬ 
mines the loudness of the sound, while 
its frequency determines its pitch. 

HARMONICS 

Speech, music, and noise are never 
pure sine-wave sounds; they always 
consist of a fundamental frequency and 
many higher frequencies which we call 


harmonics or overtones. The harmonics 
or overtones give certain characteristic 
qualities (called “timbre”) to a sound. 
That is, these combinations of funda¬ 
mental and harmonic frequencies give 
to speech and music distinguishing 
characteristics which, through experi¬ 
ence, we are able to interpret. Thus we 
are able to distinguish between a har¬ 
monica, a trumpet, a violin, a flute, and 
a tenor singer, due to the different har¬ 
monic values even though all may be 
producing the same fundamental fre¬ 
quency. 

From the foregoing, you can see that 
any sound has three characteristics: 
loudness, pitch, and quality or timbre. 

How Common Sounds “Look.” 
The wave forms of a number of com¬ 
mon sounds are illustrated in Fig. 6. 
These waves can be seen on the screen 
of a device known as a cathode ray 
oscillograph, which you will study 
later. This device would trace the wave 
shown at A, if you were to say “ah” 
before a microphone which was suit¬ 
ably connected to the oscillograph. A 
greatly different wave form, that 
shown at B, results when the same 
sound “ah” is sung. The key of C near¬ 
est the center of a piano keyboard 
(known to musicians as “middle C”) 
produces the wave form shown at C, 
while street noise gives the very jum¬ 
bled wave form shown at D. You will 
notice that with the exception of noise, 
wave forms of sound appear to repeat 
themselves at regular intervals; the 
time of one such interval determines 
the basic pitch or fundamental fre¬ 
quency of the sound. 

► Musical tones, whether produced by 
stringed instruments, wind instru¬ 
ments, or the singing human voice, all 
consist of a fundamental frequency and 
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a number of harmonics. For example, 
one of the C notes on a piano has a 
fundamental frequency of about 517 
cycles per second. This note also con¬ 
tains a second harmonic of 1034 cycles, 
a third harmonic of 1551 cycles, a 
fourth harmonic of 2068 cycles, and a 
fifth harmonic of 2585 cycles. Each 
harmonic is a pure sine-wave tone. 

The amplitudes of these harmonics 
differ greatly. The second harmonic in 



FIG. 5. The simple mechanism at A can be used 
to trace sound waves, thus proving that sound 
waves exert a varying pressure on the diaphragm. 

Typical tracings are shown at B and C. 

the above example is 20% of the am¬ 
plitude of the fundamental, the third 
harmonic 25% of the fundamental, 
the fourth harmonic 10%, and the fifth 
harmonic about 8% of the fundamen¬ 
tal. Another instrument producing the 
same note also may produce the same 
harmonics, but the amplitude of these 
harmonics would not be the same as 
those produced by the piano. In cer¬ 


tain instruments, some of the harmon¬ 
ics are missing -and, in some cases, a 
higher harmonic is stronger than a 
lower harmonic, or it may be even 
stronger than the fundamental fre¬ 
quency. It is the harmonics which 
make musical tones pleasing, while 
their number and amplitude determine 
the “timbre” or the characteristic 
which lets us distinguish between in¬ 
struments. 

► Speech differs from music essential¬ 
ly in that it is less melodic, being pro¬ 
duced more nearly as a monotone. 
Speech sounds, like music, contain a 
fundamental pitch which distinguishes 
between the voices of children, women, 
and men, plus many different higher 
frequencies with certain frequencies 
predominating to give the characteris¬ 
tic distinctions between the voices of 
different persons. 

► Noise is somewhat harder to define. 
Essentially, any unpleasant sound can 
be called a noise, whether it be just an 
excessively loud sound or whether it 
be musical notes combined in an un¬ 
pleasing manner. Ordinarily, however, 
a noise is considered to be any irregu¬ 
lar, distracting or unpleasing sound 
which would tend to mar musical re¬ 
production or reduce the intelligibility 
of speech. Graphs of most noise sounds 
show irregular, sharp peaks, and are 
of an unsymmetrical nature. Noise 
contains overtone frequencies which 
are not necessarily harmonic frequen¬ 
cies—that is, they are not related 
mathematically in the same manner as 
are harmonics. Furthermore, instead of 
having a single well-defined funda¬ 
mental frequency, the noise pulse 
usually will consist of a number of 
frequencies over a rather wide band. 

FUNDAMENTAL FREQUENCIES 

The piano, organ, and harp produce 
the greatest ranges of fundamental fre- 
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quencies—from about 16 to about 409C 
cycles. A baritone singer produces 
fundamental frequencies between 
about 80 and 400 cycles; a piccolo can 
“tweet” between about 600 and 6000 
cycles; a ukulele has the limited fre¬ 
quency range of between about 300 
and 1000 cycles. Thus, each instrument 
has its own range of fundamental fre¬ 
quencies as well as harmonics or over¬ 
tones of these fundamentals. Radio 
apparatus must handle all these 
fundamentals and the audible over¬ 
tones, if it is to give high fidelity re¬ 
production. 

THE HUMAN EAR 

The human ear is by no means an 
ideal sound-interpreting device. One 
can control his ears, causing them to 
hear desired sounds and to disregard 
others. This is helpful in ignoring 
noise, but the same mechanism serves 
to fool one into hearing sounds that 
are not present! Thus, a person fa¬ 
miliar with the timbre produced by, let 
us say, a piano, will automatically 
“hear” this timbre although a radio 
may be reproducing only a part of the 
harmonics necessary for a true repro¬ 
duction. This extra effort is tiring, 
however, and soon one does not wish 
to listen further. 

► In addition, human ears actually 
can become accustomed to some types 
of distortion and like it. A boomy 
radio receiver, with an excessive low- 
frequency response—sounding as if it 
were in a barrel—gives distorted re¬ 
production, but many persons like this. 
In fact, some prefer it to high-fidelity 
reception. To musicians, however, or 
to others who appreciate high fidelity, 
any such distortion may be very an¬ 
noying. 

► Radio technicians should under¬ 
stand this queer behavior of the hu¬ 
man ear; it is likewise of vital impor¬ 


tance to the designer of radio appara¬ 
tus. There is no need of spending time 
and money in reducing distortion when 
the improvement in fidelity cannot be 
noticed by the average human ear; nor 
is there any need to make a receiver 
respond to frequencies which cannot be 
heard by the normal human ear. 

By studying the responses of thou¬ 
sands of persons to sounds of various 
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PIG. 6. Sounds can be "seen" at well at heard. 
By connecting a cathode ray oscilloscope to a 
microphone, curves like those shown here will 
be traced on the fluorescent screen of the tube. 


frequencies, the Bell Telephone Com¬ 
pany has found that the maximum 
range of frequencies which can be 
heard by even the best ears extends 
from 20 cycles to 20,000 cycles; others 
claim that this range is from 32 to 16,- 
000 cycles. These tests also showed 
that the human ear is far more sensi¬ 
tive to sounds in the 1000- to 4000- 
cycle range than to sounds outside this 
range. Very high sound pressures are 
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required before the ear can detect very 
low and very high frequencies in the 
audible range. 

Sounds Can Cause Pain. When 
sound pressures are increased too high, 
a person stops hearing and actually 
begins to feel the sounds. At the low¬ 
er frequencies, the vibration of the air 
can be felt by all parts of the body, 
but at the high frequencies, the action 
is more a sensation of pain in the ear. 
The response characteristic of the av¬ 
erage human ear, obtained by noting 
when each frequency can just be heard 
and just be felt, is given in Fig. 7. A 
pure sine-wave sound which oould be 
varied in frequency from zero to 20,- 
000 oyoles was used in this test; the 
loudness of the sound was measured in 
terms of the pressure exerted on a flat 
surfaoe. You will note that at 2000 
cycles it takes about .0005* bars of 
r.m.8. sound pressure to make the 
sound audible, and about 1000 bars (2 
r.m.s. pounds per square foot) before 
the sound can be felt. At this fre¬ 
quency, then, the pressure at the thres¬ 
hold (the beginning) of feeling is about 
2,000,000 times the pressure at the 
threshold of audibility. This difference 
in threshold values decreases for high¬ 
er and lower frequencies, as you can 
see in Fig. 7. 

The Decibel. You might think that 
a 2000-cycle sound at the threshold of 
feeling should seem 2,000,000 times 


♦The bar is a term expressing pressure 
per unit area; one bar equals .002 pound 
of pressure per square foot of surface. 
Since sound pressure on any material is 
varying continually, we mast deal with the 
r.m.s. value of the pressure, just as we deal 
with r.m.s. values of current and voltage. 
Sound or acoustical power is proportional 
to the square of sound pressure, just as 
electrical power is proportional to the 
square of voltage (electrical pressure). 
The acoustic bar is used here; one bar is 
equivalent to one dyne per square centi¬ 
meter when the pressure Is measured in 
metric units. 


louder to the human ear than a 2000- 
cycle sound near the threshold of audi¬ 
bility, but this is not exactly the way 
in which the human ear responds. The 
amount by which a pure sine-wave 
sound must be increased before the 
change in sound level can be distin¬ 
guished by the average human ear is 
called a “decibel” Doubling the pres¬ 
sure of a sound causes a 6-decibel in¬ 
crease in the ear’s sensations. Increas¬ 
ing the pressure gradually to ten times 
its original value results in twenty sen¬ 
sations of increase in sound, or a 20- 
decibel (abbreviated 20 db) increase. 
Increasing the pressure one hundred 
times results in a 40-db increase; in¬ 
creasing the pressure one thousand 
times gives a 60-db increase; and an 
increase of 2,000,000 times corresponds 
to about 126 db. Thus, you can see that 
moreasing the sound pressure of a 
2000-cycle note 2,000,000 times gives 
the equivalent of 126 separate and dis¬ 
tinguishable increases in sound, as far 
as the human ear is concerned. 

► The foregoing statements bring out 
a number of important characteristics 
of the human ear. Notice that doubling 
the pressure of a sound causes a 6- 
decibel increase in the ear’s sensation. 
ThiB does not mean that doubling the 
pressure results in a sound six times 
as loud—it means that, as the pressure 
is gradually raised, there would be six 
recognizable increases in the volume. 
In other words, as the sound is in¬ 
creased gradually, there would be a 
certain point at which it would be pos¬ 
sible for one to recognize that the new 
pressure produces more sound than the 
original pressure. Then, taking the 
new pressure as a basis, a further in¬ 
crease eventually would produce an¬ 
other recognizable volume step. There 
are six of these steps involved when 
the pressure is doubled. 

This fact at once shows that the hu¬ 
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man ear is far more sensitive to pres¬ 
sure changes when the original volume 
is low. In other words, doubling the 
sound pressure from one bar to two 
bars results in a 6-decibel increase, 
and so would a doubling of pressure 
. from one hundred bars to two hundred 
bars. Therefore, if the original sound 
level is low, a small change in pressure 
will produce a recognizable increase in 
loudness. On the other hand, the ear 
becomes less sensitive as the sound 
pressure increases, so that at high 
levels large changes in pressure are 
necessary before the ear can detect any 
change in volume. 


into account. The amount of power 
fed to the loudspeaker determines the 
sound pressure the speaker will be able 
to develop and, in turn, the apparent 
loudness of the sound. Therefore, it is 
convenient to speak of the audio power 
in terms of decibels rather than elec¬ 
trical watts. This allows the designer 
to see at once just how much an in¬ 
crease in electrical power output will 
increase the sound output. 

Again, a reference value is neces¬ 
sary. Any value can be chosen arbi¬ 
trarily; radio men normally use the 
power level of 6 milliwatts, and call 
this the zero level or zero db. Notice— 



PIG. 7. The response of the average human ear to pure sine- 
wave sounds of various frequencies is given here. Sound 
waves having pressures within the shaded area can be heard. 
The r.m.s. pressure of the sounds is expressed here in "bars"; 
one bar equals .002 lb. per square foot. 


Notice further that the decibel is a 
unit of sound change. It always repre¬ 
sents the comparison between one 
sound level and another. Furthermore, 
it represents the number of steps in the 
increase. We cannot say that one sound 
is just twice as loud as another—but 
we can say that one sound is a num¬ 
ber of steps louder than another. 

POWER LEVELS 

Because the ear responds to sound 
in the peculiar way just described, the 
radio designer must take this factor 


this is a unit used in radio when com¬ 
paring electrical powers, and docs not 
have any relationship to the acoustic 
reference level. In fact, we cannot say 
just how much acoustic power will be 
produced by this amount of electric 
power, as this depends on loudspeaker 
efficiencies, the acoustic treatment of 
the loudspeaker enclosure and a num¬ 
ber of other faotors. However, we oan 
reasonably expect that a rise of 6 db 
in electrical power will produce a rise 
of 5 db in sound power. 

From the foregoing, you can see that 
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the 6-milliwatt level is purely an arbi¬ 
trary reference level, to which other 
electrical powers can be compared. 
Fig. 8 give* db values for various 
amounts of power in watts, when this 
reference level is used. You can see 
that a power level of 19 watts corre¬ 
sponds to about 35 db, 6 watts to 30 
db, 1.9 watts to 25 db, etc. 

If the power level is less than the 
reference value, the output is consid¬ 
ered to be a minus decibel value. Thus, 
an output of .002 watts is about 5 db 
below the zero level (commonly called 
5 db down, or minus 5 db, and written 
-5 db). 

From the table, you can see that 
doubling the power results in a 3-db 
increase; multiplying the power by 10 
causes a 10-db increase; multiplying 
by 100 causes a 20-db increase and so 
forth. Thus, the decibel increases for 
power changes are different from those 
caused by pressure changes. 

► Regardless of this, the response of 
the human ear to sounds follows the 
decibel scale. As we have said, the av¬ 
erage ear can distinguish a 1-db change 
in sound if the sound is a pure sine 
wave. If, however, the sound is com¬ 
plex (speech or musio for example) the 
smallest change in level which the av¬ 
erage ear can notice is about 3 db 
{corresponding to a power ratio of 2 
to 1). 

From this, you can see that giving a 
power increase or decrease in terms of 
decibels lets us tell at once whether the 
increase or decrease will be noticeable 
to the ear. Thus, if we consider a com¬ 
plex sound, we have to increase the 
power three decibels, or double it, be¬ 
fore the ear is able to tell that the 


sound has been increased at all. Hence, 
if an amplifier is feeding 6 watts to the 
loudspeaker, we must go to 12 watts 
before the increase would be notice¬ 
able. In other words, under the same 
conditions and for the same loud¬ 
speaker characteristics and efficiencies, 
it is not possible, to tell the difference 
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FIG. 8. This table shows the relation between 
electrical power (in watts) end decibels, when 
the zero db level is set at .006 watt. 


between an amplifier producing 6 watts 
and one producing 7 watts. 

► As we will see shortly, the fact that 
the human ear has this peculiar char¬ 
acteristic is quite helpful since it means 
that a form of distortion known as fre¬ 
quency distortion is not as noticeable 
as it would be otherwise. 
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Sound Pickups and Reproducers 


We have shown that one of the im¬ 
portant characteristics of a sound 
wave is that it exists as a variation in 
pressure. Therefore, it is obvious that 
a simple and direct means of convert¬ 
ing a sound wave into an electrical cur¬ 
rent is to use a pressure-actuated pick¬ 
up unit, so designed that it converts the 
variations in pressure into electrical 
current variations. 

By the same reasoning, the sound 
reproducer must change electrical cur¬ 
rent variations into sound pressure 
variations. 

Let us turn now to typical pickups 
and reproducers, and learn something 
of the fundamentals of their operation. 
At this time, we won't go into all of 
their characteristics — we’ll just see 
how they operate. 

SOUND PICKUPS 

There are a number of different 
kinds of microphones in use today, but 
the five most common types are shown 
in Fig. 9. All of them use some form 
of diaphragm upon which the sound 
pressure can act. They differ principal¬ 
ly in the method of converting the dia¬ 
phragm movement into electrical cur¬ 
rent variations. 

Carbon Microphone. Fig. 9A gives 
a simple sketch of the single-button 
oarbon microphone. Part D, a very thin 
aluminum disc or diaphragm (about 
.001 inch thick) is stretched over a 
fixed metal ring R. The pressure of 
sound waves on disc D moves the disc 
back and forth, alternately squeezing 
and loosening carbon particles C in the 
telescoping metal sack or button 
labeled R. Carbon itself is a resistance 
material, but this device depends upon 
contact resistance for its operation. 
That is, as the particles are squeesed 


together, more of their surfaces will be 
in contact, so the resistance between 
them decreases. Then, when the par¬ 
ticles are allowed to separate, they 
make poorer contact so the resistance 
increases. The result is that the elec¬ 
trical resistance between disc D and 
container K varies continually with 
the motion of the diaphragm. When 
this single-button microphone is placed 
in an electrical circuit containing a d.c. 
voltage E, the current passing through, 
the circuit will be varied by this 
changing resistance which, in turn, 
varies in accordance with the wave 
form of the sound. Audio transformer 
T is placed in this circuit to transfer 
the variations in current to another 
circuit. 

Condenser Microphone. Fig. 9B 
shows a simplified cross-section view 
of a condenser microphone. The thin 
aluminum disc or diaphragm marked 
D, mounted on ring R, is placed about 
.001 inch away from the fixed heavy 
plate P, thus forming a simple two- 
plate air.condenser. These two plates 
are connected into a circuit containing 
a high voltage d.c. supply E and re¬ 
sistor R. Varying sound pressures 
change the distance between P and 
Z), thus changing the capacity of the 
condenser. Changing the capacity this 
way results in a change in the charge 
stored in the condenser, so that the 
current through the circuit varies when 
the microphone picks up sound, and a 
varying voltage which has the same 
wave form as the original sound is pro¬ 
duced across resistor R. 

Dynamic Microphone. The dy¬ 
namic microphone shown in Fig. 9C 
has a thin diaphragm D on which is 
mounted a light-weight coil of wire. 
This coil moves between the poles of 
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a permament magnet when the action 
of sound moves the diaphragm. As a 
result, there is induced in the coil a 
varying voltage whose wave form is a 
reproduction of the wave form of the 
sound. 

Velocity Microphone. The velocity 
microphone illustrated in Fig. 9D op¬ 
erates on much the same principle as 
the dynamic microphone, except that 
here sound waves move a thin crimped 
metal ribbon M back and forth through 
a magnetic field produced by a perma¬ 
nent magnet. A voltage is induced in 
this metal ribbon; this induced volt- 


phragm D, so that movements of the 
diaphragm caused by sound waves will 
bend the crystals. Electrons which flow 
to the flat surfaces of the crystals un¬ 
der this bending are collected by metal 
collector plates P. 

► The electrical output of micro¬ 
phones is very small so it is necessary 
to amplify this output many times. 
Therefore, at the transmitter, the 
microphone will feed into an audio 
amplifier designed to raise the signal 
power to the point needed for modula¬ 
tion. In public address systems, a simi¬ 
lar amplifier is used to increase the 



FIG. 9. Simplified diagrams illustrating the operating principles of five different types of micro¬ 
phones. Each converts changes in sound pressure into equivalent changes in electrical signals. 


age is stepped up by the transformer. 

Crystal Microphone. The bending 
or straining of a Rochelle salt crystal 
produces charges of opposite sign on 
the opposite faces of the crystal. The 
potential difference which exists be¬ 
tween these charges is proportional to 
the strain. This principle is utilized in 
the crystal microphone illustrated in 
Fig. 9E, where two square crystals are 
mounted back to back to increase the 
electrical action. This square crystal 
unit C is clamped at three of its cor¬ 
ners; its free corner is linked to dia- 


sound power to the level necessary to 
operate loudspeakers. 

SOUND REPRODUCERS 

Headphones and loudspeakers are 
the devices used for sound reproduc¬ 
tion. Although there are a number of 
types of each of these, they operate on 
the principle of converting electrical 
current variations into variations in 
air pressure, corresponding to sound 
waves. 

After the carrier wave has been de¬ 
modulated at the receiver, there exists 
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a varying current which we call an 
a.f. current. This current is the elec¬ 
trical counterpart of the sound wave 
as it was transmitted and as it has been 
modified by its passage through the 
radio up to this point. Usually, there is 
enough power at the output of the av¬ 
erage demodulator to operate a pair of 
headphones satisfactorily, but an audio 
amplifier is necessary before a loud¬ 
speaker can be operated. Thus, there 
is a miniature counterpart of the trans¬ 
mitter audio amplifier used in the re¬ 
ceiver for the purpose of increasing the 
audio power to the level required by 
the loudspeaker. 

Essentially, both headphones and 
loudspeakers operate somewhat on the 
principle of the dynamic microphone 
in reverse. They utilize electric signals 
to set into motion a diaphragm or a 
cone, alternately compressing and 
rarefying the air in front of the repro¬ 
ducer to reconstruct the original sound 
wave. 

Headphones. In the common head¬ 
phone unit, illustrated in Fig. 10A, a 
thin flexible steel diaphragm is placed 
over the two poles of a horse-shoe mag¬ 
net, and a coil having many turns of 
insulated wire is placed around each 
leg of this magnet. The audio current 
flowing through the two coils alternate¬ 
ly increases and decreases the attrac¬ 
tion which the permanent magnet has 
on the diaphragm, causing the dia¬ 
phragm to move in and out, thus pro¬ 
ducing sound waves. 

Magnetic Loudspeaker. If a high 
sound output is wanted, the reproducer 
must be able to displace a large amount 
of air, and so must have a large dia¬ 
phragm or cone which can be moved 
appreciable distances. The balanced 
armature electromagnetic reproducer 
shown in Fig. 10B has been used wide¬ 
ly for this purpose. In this loudspeaker, 
a soft steel armature is pivoted be¬ 


tween two sets of N and S poles which 
are parts of a powerful permanent 
magnet. Also surrounding the arma¬ 
ture is a solenoid or coil which carries 
the audio current. This coil makes the 
ends of the armature alternately of op- 



FiG. 10. Simplified diagrams illustrating the 
operating principles of three different types of 
sound reproducers. Each converts electrical 
energy into mechanical energy (motion), which 
in turn is used to produce sound waves. 
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posite polarity. The ends of the arma¬ 
ture, therefore, alternately move to¬ 
wards and away from the permanent 
magnet poles. This movement is me¬ 
chanically relayed to the large paper 
cone so that the paper cone is pushed 
in and out, setting the surrounding air 
into vibration and producing sound, 
which is a reproduction of the original 
wave form. The outer edge of the cone 
is designed in such a way that it can be 
attached to its ring-shaped supporting 
frame without preventing free move¬ 
ment of the cone in and out under the 
action of the armature. 

Dynamic Loudspeaker. The dy¬ 
namic loudspeaker shown in Fig. IOC 
is the most widely used sound repro¬ 
ducer, for it is capable of delivering 
high sound outputs when the cone is 
used with a baffle.* Here, a coil of wire 
is wound on a thin bakelite or paper 
tube which is attached directly to a 
paper cone (as shown) or to a metal 
diaphragm (not shown). The audio 
signal passing through this coil causes 
a varying magnetic field. This field in- 


*A baffle is a large flat surface, a cabinet, 
or a horn-shaped enclosure which serves to 
prevent waves from the back of the speaker 
cone from interfering with those from the 
front, and also acts to “load” the cone by 
coupling It to a larger volume of air. 


teracts with a fixed field which is pro¬ 
duced either by a permanent magnet 
or by an electro-magnet. The result is 
that the coil is forced to move in and 
out of the fixed field, driving the cone 
and thus moving the air ahead of it. 

The amount of movement depends 
on the field strengths. Hence, the 
“voice” coil is fed with considerable 
audio power, and the fixed field is 
made strong by making the separation 
between the north and south poles of 
the magnet as small as possible. 

A dynamic loudspeaker can handle 
from 3 to 50 watts of audio signal 
power (depending upon its size), while 
a magnetic loudspeaker can handle 
from 1 to 3 watts. A headphone unit 
can handle only about 50 milliwatts. 
► You are going to study loudspeak¬ 
ers and headphones in much greater 
detail in later lessons. However, you 
can see now that the purpose of the 
audio amplifier is to increase the power 
up to the level necessary to operate 
the loudspeaker. It would appear that 
the amplifier at both the receiver and 
the transmitter should be rather sim¬ 
ple in its design and operation. Still, 
this is not altogether true, as this am¬ 
plifier is largely responsible for the 
fidelity with which the electrical sound 
signal is handled. 
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Requirements of an Audio Amplifier 


All amplifiers may be divided into 
two broad groups, high-frequency am¬ 
plifiers and low-frequency amplifiers. 
High-frequency amplifiers handle the 
r.f. carrier signals (which may or may 
not be modulated), while low-fre¬ 
quency amplifiers handle only the in¬ 
telligence signals. In this lesson we will 
learn something about the require¬ 
ments placed on low-frequency ampli¬ 
fiers. Let's cover first the low-fre¬ 
quency amplifier used in sound radio 
receivers. 

The low-frequency amplifier in a 
sound radio receiver is called an audio 
amplifier because the frequencies it 
handles correspond to audio or sound 
frequencies. As we have previously 
mentioned, the audio amplifier is the 
section in a radio receiver following 
the second detector or demodulator. A 
corresponding amplifier is used in the 
transmitter between the sound pickup 
device and the modulator, and similar 
amplifiers are used in public address 
systems, electronic musical instru¬ 
ments, electrical phonograph ampli¬ 
fiers, and many photoelectric control 
devices. 

The basic requirement of any low- 
frequency amplifier is, of course, to in¬ 
crease the signal level. We apply a sig¬ 
nal to the grid and obtain a change in 
the plate current. In turn, this plate 
current flow through the load produces 
a varying load voltage. This load volt¬ 
age variation is larger than the grid 
voltage variation, provided that the 
value of the load has been chosen 
properly. 

► We now have our amplified signal, 
but is it exactly like the original grid 
signal? If we have a sine-wave signal, 
we want to have an enlarged sine-wave 
signal across the load—if we start with 


a complex signal, we want the output 
signal to be exactly like it. However, 
if the output wave is different in any 
manner from the input signal (except 
for being amplified), then the signal 
is being distorted. The sounds we ob¬ 
tain from the loudspeaker will not be 
exactly like those originating in the 
broadcasting studio when the ampli¬ 
fier (or the speaker, for that matter) 
introduces harmonics which were not 
in the original signal, or when the rela¬ 
tive amplitudes of any of the harmon¬ 
ics in the signal are altered. 

From this, the manner in which the 
signal level is increased is of impor¬ 
tance, so we must see how it is possi¬ 
ble for an amplifier to distprt the audio 
signal. Before studying the three forms 
of distortion, let's see how complex 
waves are formed, so that we can see 
just what may happen to the signal 
within an amplifier. 

WAVE FORMS 

Any wave form differing from a pure 
sine wave contains one or more har¬ 
monics. For example, in Fig. 11, the 
wave at C can be obtained by com¬ 
bining the fundamental frequency A 
with its second harmonic B. You can 
check this fact by combining the am¬ 
plitudes along the dotted lines. Thus, 
adding the distance 1-2 of the funda¬ 
mental (the distance from the curve to 
the line R-R) to 3-4 of the harmonic 
gives 5-6 on the resultant. 

The distance 9-10 on the second har¬ 
monic must be subtracted from the dis¬ 
tance 7-8 on the fundamental to get 
the resultant 11-12, because the second 
harmonic is going through the oppo¬ 
site phase to that of the fundamental 
wave at this particular moment. Thus, 
you can see that, when both waves are 
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on the same side of the reference lines 
R-R, their amplitudes add. If they are 
on opposite sides, the smaller is sub¬ 
tracted from the larger to get the re¬ 
sultant. Incidentally, the resultant 
wave will be changed in shape if the 
amplitudes of the fundamental and the 
harmonic are changed. 

► In Fig. 12, we show the result of 
adding a third harmonic to its funda¬ 
mental. Again the same procedure is 
used in combining the fundamental 
wave A to the third harmonic B to get 
the resultant wave C. Thus, adding 
the distance 1-2 to 8-4 gives 5-6. Sub¬ 
tracting 9-10 from 7-8 gives 11-12. 

► When other harmonics are added, 
the same procedures are followed. As 
shown in Fig. 18, adding a number of 
harmonics gives another and entirely 



FIG. II. Here is the result of adding a second 
harmonic and a fundamental wave. Any wave 
which is not a sine wave consists of a fundamental 
and one or more harmonics. 

different resultant wave shape. Again 
the same procedure is followed in that 
the amplitudes are added and sub¬ 
tracted to give the resultant. Thus, 
along the dotted line, the amplitude 
1-2 is measured, the distance 3-4 is 
subtracted, the distance 5-6 is added, 


the distance 7-8 is zero, leaving the re¬ 
sultant, 9-10. 

► From the foregoing, you see that 
there is an infinite variety of resultant 
wave forms possible, depending upon 
the harmonics which are added to the 
fundamental and upon the amplitudes 
of the harmonics. (In addition, as we 
shall learn later, the phase of the har¬ 
monics will change the resultant wave 
shape.) 

However, regardless of the shape of 
the resultant wave, we can always say 
that any complex wave is a combina¬ 
tion of simple sine wave forms. This is 
the reason that we can study the op¬ 
eration of amplifiers by using simple 
sine waves—the complex waves which 
the amplifier must handle are made up 
from these sine waves. 

► As a summary, we know that: 

1. Any complex sound or signal con¬ 
sists of a fundamental frequency 
plus harmonics. 

2. If the relative amplitudes of any 
of these components are altered, 
we have distortion. 

3. If any components are added, 
which were not in the original sig¬ 
nal, we have distortion. 

We can now go on to study the kinds 
of distortion and their relative effects. 
We will see that .practical amplifiers 
are far from ideal. 

FREQUENCY DISTORTION 

If one section or stage of a radio 
strengthens certain frequencies more 
than other frequencies, or removes 
some frequencies entirely, the resulting 
sound will not be like the original. This 
distortion is known as frequency dis¬ 
tortion, because certain frequencies are 
favored more than others. 

As an example, suppose we have a 
1000-cycle fundamental note with a 
fifth harmonic at 5000 cycles. If the 
amplifier responds better to 5000 cycles 
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than it does to 1000 cycles, the ampli¬ 
tude of the fifth harmonic will be in¬ 
creased more than its fundamental is, 
which means that the resultant wave 
shape will be changed. On the other 
hand, if the amplifier has a lower re¬ 
sponse at 5000 cycles than at 1000 
cycles, then the fifth harmonic ampli¬ 
tude will be reduced, which again- 
means that the resultant wave shape 
is changed. 

You can see that frequency distor¬ 
tion is produced because an amplifier 
does not have the same gain for all the 
frequencies it is supposed to handle. 



FIS. 12. Adding a third harmonic to a funda¬ 
mental produces the resultant shown here. Of 
course, the actual shape of the resultant depends 
upon the amplitudes of the fundamental and 
harmonic waves. However, the general shape is 
correct, and should be compared with the re¬ 
sultant shown in Fig. II. Notice that odd har¬ 
monics (the third, fifth, etc.) produce a re¬ 
sultant with both halves exactly alike, while even 
harmonics (second, fourth, etc.) produce a re¬ 
sultant which does not have symmetrical halves. 

This type of distortion is caused by the 
circuit parts (coils, condensers and 
transformers) associated with the vac* 
uum tube in the amplifier stage. 

► Earlier, we mentioned that the ear 
does not notice a power change of less 
than about 3 db (power ratio of about 
2 to 1) when complex sounds are be¬ 


ing heard, which means that frequency 
distortion is less troublesome than 
would appear at first glance. It is quite 
permissible to have radio apparatus 
amplify some frequencies almost twice 
as much as others, or to convert some 
frequencies into sound twice as well as 
others, for the human ear is not able 
to notice this amount of distortion. 
This characteristic of the human ear 
is very much appreciated by the radio 
designer, since it is quite difficult for 
him to make radio apparatus amplify 
very low and very high frequencies 
equally as well as in-between frequen¬ 
cies. 

Fig. 14 shows a typical response 
curve for an audio amplifier. Notice 
that the scale at the left is in decibels, 
because this permits us to compare the 
response to the hearing capabilities of 
the ear. 

► When making a curve of this kind, 
the power output at some reference 
frequency (usually 1000 cycles) is 
taken as the standard or reference 
value. Then, the power output at other 
frequencies is found. If the amount of 
output is less than that at the refer¬ 
ence frequency, then the db output is 
less, while greater outputs give in¬ 
creases in the decibel level. 

As you will notice from the graph 
in Fig. 14, the curve is within 3 db of 
the reference level (24 db) from about 
80 cycles to above 4000 cycles. At 5000 
cycles there is a peak in the response 
which is nearly 6 decibels higher than 
the reference, so the output at frequen¬ 
cies about this value would be notice¬ 
ably greater. 

Above 8000 cycles, the response cuts 
off sharply, so frequencies above this 
point are poorly reproduced, if at all. 

► When the very high frequencies are 
cut off by radio apparatus, sound loses 
some of its fidelity of reproduction. 
However, not all the high frequencies 
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up to 20,000 cycles are necessary for 
understandability or appreciation of 
music. You can cut off sounds at about 
8500 cycles and still get high quality 
speech and music. Why reproduce fre¬ 
quencies up around 15,000 to 20,000 
cycles, when only very young people 
and trained musicians are able, as a 
rule, to hear these frequencies at all? 



adde<j, the resultant wave shape depends upon 
whether the even or the odd ones predominate, 
and upon the amplitudes of all of them. 


With age, one's hearing ability de¬ 
creases so that elderly people cannot 
even hear frequencies above 6000 
cycles in most cases. Therefore, for all 
practical purposes, it is not necessary 
to reproduce these high frequencies. 

► Most of the power needed to repro¬ 
duce music is used to reproduce low-fre¬ 
quency notes, and, since the ear is not 
sensitive to the lows and highs (low 


and high frequencies), the reproduc¬ 
tion of sound at a volume much below 
that of the original makes the music 
sound unreal. It is for this reason that 
the so-called low (or bass) boosters 
are included in radio receivers to am¬ 
plify excessively these lower frequen¬ 
cies and get effects which sound more 
natural to the ear. Some of these boost¬ 
ers are automatic compensators, while 
others are tone controls, adjustable at 
the will of the customer. Thus, it is 
quite possible that the customer will 
even introduce a certain amount of 
frequency distortion, in order to make 
the sounds more natural to his ears! 

Of course, if too many of the high 
or low frequencies are cut off, then the 
frequency distortion becomes objec¬ 
tionable. 

AMPLITUDE DISTORTION 

When a radio circuit or device does 
not produce current or voltage changes 
which are exactly proportional, at each 
instant of time, to the changes occur¬ 
ring in the voltage or current values of 
the incoming signal, we have what is 
known as amplitude distortion. 



FIG. 14. Here is a typical response curve for 
an audio amplifier, showing the output over 
its frequency range. The output is given in db 
above the .006 watt zero level, so that variations 
in the response can be judged in terms of their 
effects on the human ear. Using the db table in 
Fig. 8, practice converting the db values into 
watts. Thus, 24 db is equal to 1.5 watts, etc. 
(Sometimes you will find that a similar curve is 
used, but the reference frequency output is 
labelled 0 db. Then values above are written 
as +db, while those lower are written as —db. 
That is, when 24 db is called 0, 27 db becomes 
+ 3, 30 becomes +6, 21 becomes —3, and 18 
becomes —6 db. This allows us to consider the 
output in terms of the db change above or below 
the reference level.) 
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If the original wave is a sine wave, 
then amplitude distortion will result 
in the production of harmonics which 
were not present in the original signal. 
If the original signal is of a complex 
nature, additional harmonics are 
added, or the relative amplitudes of the 
harmonics are changed by amplitude 
distortion. 

Fig. 15 shows a typical example of 
amplitude distortion. At A, we have a 
sine-wave signal. We want the ampli¬ 
fier to increase the amplitude of this 
signal, as shown at B, without chang¬ 
ing its wave shape. However, if we get 
the amplified signal with the wave 
shape changed as shown at C, then we 
have amplitude distortion. As you can 
see, this wave is not an exact replica 


that even harmonics, such as the sec¬ 
ond, fourth, sixth, etc., have been 
added to the fundamental, as shown in 
Fig. 17. In other words, the tube’s ac¬ 
tion is approaching that of a half-wave 
rectifier. From your knowledge of rec¬ 
tifiers, you will remember that this 
wave form has a d.c. component as 
shown in Fig. 17. This d.c. current will 
be added to the normal d.c. current 
value. This means that, when a signal 
is applied to an amplifier tube operat¬ 
ing on the lower bend of its character¬ 
istic, the resulting distortion will cause 
the d.c. plate current, to rise. This 
is one of the means whereby a ser¬ 
viceman can determine when dis¬ 
tortion occurs—he can apply a sine- 
wave signal and measure the d.c. plate 



FIG. 15. A typical sine wave is shown at A. When it is amplified, it looks like that shown at B. 
However, should amplitude distortion occur, it may look like the wave shown at C. 


of the original sine-wave signal. 

► What could produce this change in 
wave form? One of the most common 
sources of amplitude distortion is the 
operation of a class A amplifier over a 
curved tube characteristic, as shown in 
Fig. 16. Notice that the input signal 
e g has more control over the plate cur¬ 
rent on its positive swing than it does 
on its negative swing. This results in 
an output signal (produced by plate 
current 4) which is not a sine wave— 
or rather, it is a pure sine wave plus 
harmonics. Thus, although we started 
with a sine-wave signal on the grid, we 
are obtaining a sine wave plus har¬ 
monics in the plate circuit. 

Analyzing the wave form of the out¬ 
put signal shown in Fig. 16, we find 


current before and after the signal is 
applied. If the stage is a class A am¬ 
plifier, there should be no change in 
the d.c. plate current. If there is a 
change, distortion is taking place. 

Should a complex wave be applied to 
the amplifier having the characteristic 
shown in Fig. 16, even harmonics will 
be added to the wave if they are not 
already present, or the amplitudes of 
any even harmonics which are present 
will be increased by this distortion. 

► Going further, a similar distortion 
can occur if the grid is allowed to 
swing positive. As shown in Fig. 18, 
there is an upper bend in a tube char¬ 
acteristic; this will also produce dis¬ 
tortion. The output wave is like that 
of Fig. 16 except that it is reversed, or 
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FIG. *6. Amplitude distortion is produced 
whenever the E*-I p curve of a tube is not linear 
(straight) in the operating region* 


is upside down. It has the same com¬ 
ponents as are shown in Fig. 17, ex¬ 
cept that they are shifted in phase 
180°. The negative (downward) 
swings are the larger, so the d.c. com¬ 
ponent will be of the opposite polarity 
to that shown in Fig. 17. In this case, 
there will be a reduction in plate cur¬ 
rent when the signal is applied. 

► Therefore, if the d.c. plate current 
changes when a signal is applied to a 
class A stage, distortion is occurring. 
If the d.c. plate current rises, the tube 
is operating on the lower bend of its 
characteristic. (This operation is 
caused by excessive bias or low plate 
supply voltage.) If the d.c. plate cur¬ 
rent falls, the tube is operating on the 
upper bend in its characteristic. (Op¬ 
eration here is caused by too little bias 
or by an excessive plate supply volt¬ 
age.) Notice the value of knowledge to 
the serviceman. Upon observing that 
distortion is occurring, he can take a 
meter reading and, from his knowledge 
of circuit actions, he can reason direct¬ 
ly to the probable causes of the 
trouble 1 

► There is another kind of amplitude 
distortion in which odd harmonics are 
added instead of even harmonics. This 
distortion will be produced when the 


signal applied to the grid is excessive, 
so that operation occurs over both tube 
curvatures as shown in Fig. 19. Here, 
the shape of the output wave indicates 
that the third, fifth, seventh, and other 
odd harmonics are being added to the 
fundamental. This distortion is very 
noticeable to the ear, but it will not 
cause a change in the d.c. plate cur¬ 
rent if both halves of the output wave 
are exactly alike. The serviceman must 
use a cathode ray oscilloscope to ac¬ 
tually “see” the wave form before he 
can find the stage producing this diffi- 



FIG. 17. Here is an analysis of the wave pro¬ 
duced by the E*-I p curvature which was shown in 
Fig. 16. Notice that even harmonics are added, 
plus a d.c* component. Although we have shown 
only the second and fourth harmonics, there are 
actually small amounts of other even harmonics 
added. A phase shift is also involved in that 
the harmonics are added 90° out of phase with 
the fundamental. This phase shift cannot be 
heard, but the added harmonics are noticeable. 
(In television, the phase shift is of importance 
also.) 



culty, unless there are other clues in 
addition to the distortion. 

► Incidentally, it is possible to tell 
from the wave shape whether the dis¬ 
tortion is an even or an odd harmonic 
addition. If the two halves of the re¬ 
sultant wave are exactly alike, only 
odd harmonics have been added. If two 
halves are not symmetrical, however, 
then even harmonics have been added. 
Where both even and odd are added, 
it is not so easy to determine this un¬ 
less one or the other happens to pre¬ 
dominate. 

Amplitude distortion is readily de¬ 
tected by the ear. Strangely, the ear 
seems more critical of odd harmonic 
distortion than it is of even harmonic 
distortion. An odd harmonic distortion 
causing a change in harmonic levels of 
more than 5% begins to be noticeable, 



FIG. 18. Amplitude distortion will occur also if 
the tube is allowed to operate at the upper 
bend of Its characteristic. 


while an even harmonic distortion of 
as much as 10 °fo is relatively unnotice- 
able. 


PHASE DISTORTION 

When a radio circuit or part changes 
the phase relationship between differ¬ 
ent frequencies in the signal, we have 
phase distortion. The distance (phase) 
between peaks of the different signal 


components is changed, with the result 
that there is a change or distortion in 
the wave form of the output signal. 
(Later in this lesson we will show an 
example of phase distortion.) 

The human ear is relatively uncon¬ 
scious of even large amounts of phase 
distortion, being far more critioal of 
amplitude or frequency distortion. The 
reason for this is that the ear hears the 
individual components of the wave 
rather than the resultant wave. That 
is, the sound wave is “taken apart” by 
the ear. Hence, the ear is quite con¬ 
scious of added or deleted frequencies, 
and of changes in amplitude. It cannot 
detect changes in time in the arrival 
until such change approaches the time 
length of a syllable or of a musical 
note. 

However, phase distortion is far 
more important in television. As we 
shall learn later in this lesson, the time 
delay caused by even a small phase 
shift in a television signal will be no¬ 
ticed readily by the eye. 

AUDIO AMPLIFIER 
REQUIREMENTS 

From the foregoing, we can begin 
to see just what the requirements are 
for an audio frequency amplifier. In 
order, we may well list them as fol¬ 
lows: 

Voltage Amplification. A certain 
amount of voltage amplification is 
necessary in all radio receivers, as the 
voltage output of the average second 
detector is too low to operate the power 
output stage. Therefore, one or more 
voltage amplifying stages are used be¬ 
tween the second detector and the 
power stage. 

Power Amplification. Raising the 
voltage level is not enough —power is 
required to operate a loudspeaker. 
Therefore, the output stage of the 
audio amplifier in a radio receiver will 
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always be a power stage, designed to 
deliver sufficient power to operate the 
loudspeaker. Actually, this stage can 
be said to be converting signal volt¬ 
ages into high signal powers. 

As you have learned in earlier les¬ 
sons, one of the important differences 
between power stages and voltage am¬ 
plifying stages lies in the choice of the 



PIG. 19. Whan thu input signal it allowed to be* 
coma so large that it axcaadt the normal opuraf- 
ing region, both halves of the output wave will 
bo distorted. This shows that odd harmonics 
have been added. Strangely, this distortion 
is far more noticeable than is even harmonic 
distortion. 

load values. However, there are other 
important differences as we shall soon 
learn. 


In public address systems, where 
large amounts of signal power are re¬ 
quired, medium power stages may be 
used to drive high power stages. Simi¬ 
larly, in transmitters, the power levels 
may be quite high. In these two in¬ 
stances, true power amplification does 
occur, for the final power stage is ac¬ 
tually driven by a low power stage. 

Distortion. From the foregoing, 
you can see that every effort must be 
made to oause tubes to operate on the 
straight-line portion of their charac¬ 
teristic curves. Inductance and capac¬ 
ity values must be carefully chosen 
and controlled to prevent the undesir¬ 
able formation of low-pass and high- 
pass filters which would tend to limit 
the frequency response. Even a mat¬ 
ter like the choice of the load value is 
a compromise between the amount of 
amplification desired and the fidelity 
of response wanted. 

► In your next lesson, you will learn 
much more about these important re¬ 
quirements and about how they affect 
the serviceman and his choice of re¬ 
placement parts. 




The Fundamentals of Television 


Television involves the transmission 
of intelligence which reaches our brain 
through our eyes. First, let us con¬ 
sider what the eye sees when it looks 
at an object. Ordinarily, it looks at re¬ 
flected light, made up of electromag¬ 
netic waves; occasionally, it looks di¬ 
rectly at light sources such as electric 
lamps, a fire, or the sun. The eye sees 
oolor because the electromagnetic 
waves in the visual band have differ¬ 
ent frequencies, each frequency or 
group of frequencies giving, through 
the action of the brain, a color sensa¬ 
tion. The human eye serves as a com¬ 
plicated lens (much like the lens in a 
camera), for it projects these electro¬ 
magnetic waves on the retina, a sur¬ 
face at the back part of the eye. This 
retina is composed of millions of nerve 
ends, each of which is connected to 
the brain. These nerve ends interpret 
the strength of each electromagnetic 
wave which hits them (determined by 
the brightness of the object) and they 
also interpret the frequency of the 
wave (the color of the object). Each 
nerve end “sees” only a tiny portion of 
the entire scene; the brain reconstructs 
the over-all picture by assembling all 
the nerve impulses. Thus, the eye 
breaks up the scene into elements, 
each of which is transmitted over a 
separate nerve channel to the brain. 

One scientist calls the human eye 
nature’s own television system. The 
object viewed acts as the transmitter 
in the system, sending out electro¬ 
magnetic waves which are pioked up 
by the eye acting as a receiver, and 
then are relayed to the brain to give 
us the sensation of seeing. 

A Suggested Television System. 
This action of our visual mechanism 
immediately suggests a method of con¬ 


structing a television system. Why not 
arrange thousands or millions of tiny 
eleotrio eyes on a screen to pick up the 
light waves, and connect these by 
thousands of wires or radio frequency 
transmitters to a receiver containing 
thousands of tiny glow lamps? Eaoh 
of these would reproduce the amount 
of light picked up by its corresponding 
electric eye, so the combination of all 
the lamps would reproduce the object 
viewed by the transmitter. Yes, a tele¬ 
vision system like this has aotually 
been tried for land wire television, but 
only on a small scale. The scheme was 
found to work after a fashion, but ob¬ 
viously was far from practical, as en¬ 
tirely too many wires were necessary. 

Practical Television Systems. The 
television systems in use today do not 
attempt to pick up a complete soene 
and transmit it to a reoeiver all at onoe. 
Instead, television takes advantage of 
an eye characteristic known as per¬ 
sistence of vision —the ability of the 
eye to retain an impression of an ob¬ 
ject for a short time after the object 
has disappeared from view. This makes 
it possible to send a portion of a scene 
at a time, so long as the entire scene 
is transmitted before the eye “forgets” 
the first of it. 

The scene is broken up into elements 
by scanning or by viewing a small por¬ 
tion at a time. Scanning is an opera¬ 
tion very like what you do when you 
read this page. You don’t look at the 
page and attempt to read every word 
at once. Instead, you read the first line 
from left to right, swinging quickly 
back to the left-hand side of the sec¬ 
ond line, read the second line, go back 
to the start of the third, and repeat 
the process until you have taken in 
every word by itself. 
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That is just about what a television 
“camera” does. (This camera is the 
pickup device of a television system, 
corresponding to the microphone in a 
radio system.) In effect, an “eye” in 
the camera travels over the top edge 
of the scene from left to right, swings 
quickly back to the left-hand side, 
moves down slightly, travels horizon¬ 
tally over the scene again, and repeats 
the process until the whole scene has 
been scanned. As you no doubt know, 
or have guessed, this “eye” is really a 
light-sensitive surface which converts 
the light received from the scene into 
an electric current. This current, which 
of course varies as different parts of 
the scene come into view of the scan¬ 
ning eye, is then transmitted by radio 



FIG. 20. The drawing at A is reproduced as a 
series of lines at B and C. Greater detail is ob~ 
tained by using more lines* as at C. 

to the receiver. At the receiver, the 
process is reversed, and the original 
scene is traced out line by line. 

This is a highly simplified version of 
how a television system works, but it 
will serve to show you the basic idea 
of operation. Right now, the impor¬ 
tant fact for you to grasp is that a 
scene is televised “bit by bit,” not as 
a whole. 

► Fig. 20 illustrates the general effect 


produced when a scene is scanned. Sup¬ 
pose we wish to televise a picture like 
that in Fig. 20A. After it has been 
scanned by the camera, transmitted to 
the receiver, and reproduced on the re¬ 
ceiver screen, it will have something of 
the appearance shown in Figs. 20B and 
20C. That is, it will consist of a series 
of lines; these lines will vary in bright¬ 
ness along their length, and so make up 
the picture we see. The more lines we 
have in a given area, the greater the de¬ 
tail of the final picture. Fig. 20C, which 
has 120 lines, exhibits more detail than 
Fig. 20B, which has only 60. 

Note that, as you move the illustra¬ 
tions in Fig. 20 farther and farther 
away from you, a point is reached for 
each illustration where the details seem 
to blend into a complete and nearly 
perfect reproduction of the original. 
This brings out an important fact 
about television: if a reproduced pic¬ 
ture is made larger without increasing 
the number of lines, the picture will 
have to be viewed from a greater dis¬ 
tance to get a satisfactory eye impres¬ 
sion. 

HOW SCENES ARE SCANNED 
AND REPRODUCED 

Before considering the technical de¬ 
tails of breaking up a scene into a 
number of lines, it will be valuable to 
get clearer ideas of how a scene is taken 
apart or scanned, and how a scene is 
reproduced. Only the basic schemes 
will be considered; naturally, different 
television experts have different ways 
of accomplishing the desired results. 

Mechanical Scanning Methods. 

Even though mechanical methods of 
scanning are considered inadequate 
today, we will consider them first since 
they are easier to understand. Punch a 
hole in the center of a small business 
card with a pin and hold the card up 
to one of your eyes, so you can look 
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through the hole. Turn to some object 
or scene. Notice that you can see only 
a small part of this scene through the 
tiny hole. Now move the card hori¬ 
zontally from left to right; you see all 
the portions of the scene along the line 
which you are scannning. Move the 
card back and forth horizontally while 
shifting it vertically downward a lit- 



FIG. 21. This diagram shows an elementary me¬ 
chanical scanning disc system. If the disc is ro¬ 
tated rapidly enough, the observer will be uncon¬ 
scious of Its presence, as persistence of vision 
will allow him to apparently see the entire scene, 
although he is actually viewing only a tiny spot 
at a time. 

tie at the end of each line, and your 
eye will scan the entire scene, piece 
by piece. 

The Scanning Disc. In place of 
this crude scanning device, we can use 
the system shown in Fig. 21 A, in which 
a large number of holes are arranged 
in a spiral fashion on a rotating disc 
called the scanning disc. This disc real¬ 
ly replaces the business card used in 
our previous example: one complete 
revolution of the disc gives one com¬ 


plete scanning of the entire picture, 
for each hole on the disc scans one line. 
If the disc is revolved fast enough, the 
visual sensation is the same as if the 
entire picture were being seen at one 
time. 

The exact arrangement of the holes 
oh the scanning disc is shown more 
clearly in Fig. 21B. The observer views 
the scene through the mask, a rectan¬ 
gular opening in a piece of black card¬ 
board. As the disc is rotated, each hole 
moves across the opening in this mask, 
the outermost hole in the spiral mov¬ 
ing across the top of the opening and 
each succeeding hole - moving across 
one line down. Finally, when the inner¬ 
most hole has moved across the bot¬ 
tom of the opening, the outermost hole 
again scans the top line and the en¬ 
tire scanning process starts over again. 

Mechanical Television Transmit¬ 
ters. If the observer in Fig. 21A is 
replaced with a light-sensitive cell, this 
cell will deliver a varying electric cur¬ 
rent which is at all times proportional 
to the amount of light reaching the 
cell, and therefore proportional to the 
shade of lightness or darkness of the 
element of the picture being scanned at 
a particular instant. This arrangement 
gives us a means of converting a pic¬ 
ture or scene into a varying electrical 
current. This current or pioture signal 
can be amplified and placed on a radio 
carrier for transmission through space. 
At the receiver, the carrier can be de¬ 
modulated and the picture signal am¬ 
plified sufficiently to operate a picture 
reproducer. 

Mechanical Television Receivers. 
In the early television receivers, the 
amplified picture signal was fed to a 
neon glow lamp like that shown in Fig. 
22A, This lamp consisted of a wire 
anode and a rectangular flat metal 
piece (the same size as the reproduced 
picture) which served as a cathode. 





These elements were enclosed in a gas- 
filled glass envelope. A red glow of 
light formed on the plate when suffi¬ 
cient voltage was applied between the 
electrodes; the intensity of this glow 
varied with the applied voltage. The 
amplified picture signal was made to 
change the applied voltage, thus 
changing the intensity of the glow. 

A pin-hole scanning disc was ro¬ 
tated before the glow lamp in such a 
way that the holes scanned the glow¬ 
ing plate. The transmitter and the re¬ 
ceiver were so synchronized that when 
the scanning disc at the transmitter 



FIG. 22. An aarly type of mechanical television 
reproducer. The glow-lamp light depended on 
the brilliancy of the spot being scanned at the 
transmitter at that moment. The scanning disc 
is synchronized (in step) with the transmitter 
disc so that it arranges the light elements in their 
proper sequence. 



Court My Don Lee Broadcasting System 


The engineer is holding an electronic pickup tube 
such as is used in television studios. Scanning is 
accomplished within this tube by electronic 
means. 

started to scan the top line of the scene, 
the receiver scanning-disc likewise 
started to scan the top line. Line by 
line the scanning discs were kept in 
step or in synchronism, so that the in¬ 
tensity of the glow lamp at any instant 
corresponded to the intensity of the 
light reflected from that same element 
on the actual scene. The arrangement 
of the scanning disc and glow lamp are 
shown in Fig. 22B. The lens shown is 
a magnifying glass used to enlarge the 
image to three or four times the size 
of the glow lamp plate. 

Electronic Television Transmit¬ 
ters. Although present day methods of 
scanning and picture reconstruction 
differ greatly from the method just de¬ 
scribed, the principle of breaking up a 
picture into a number of elements 
which are scanned line after line is still 
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used. Figure 23 illustrates a modern 
electronic television camera. The scene 
is focused on the photoelectric plate by 
a high-grade camera lens combination. 
This light-sensitive photoelectric plate 
consists of millions of tiny light-sensi¬ 
tive spots, each insulated from the 
others and each scarcely larger than 
the point of a pin. Under a microscope 
this plate looks as if it were covered 
with grains of sand. 

•When a scene is projected on the 
photoelectric plate by the lens, the ac- 


amount of light reaching that section. 
Thus, some spots on the plate are more 
positively charged than others, and we 
actually have an electronic image of 
the scene. An electron gun now shoots 
a fine stream of electrons at the photo¬ 
electric plate. Electromagnetic deflect¬ 
ing coils (here designated as “deflect¬ 
ing yoke”) shift this electron beam 
horizontally and vertically, one line at 
a time, to scan the entire photoelectric 
plate from top to bottom. When this 
electron stream strikes a positively 
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5. 23. A cut-away sketch showing the arrangement of parti inside one 
type of electronic television camera. 


tion of light drives out electrons from 
each of the tiny light-sensitive units. 
These electrons pass through the space 
in the tube to a conducting surface on 
the inside of the glass envelope, which 
is at a high positive voltage and there¬ 
fore attracts the electrons. The action 
of light thus leaves the photoelectric 
plate elements more or less positively 
charged (because they have lost elec¬ 
trons) . 

Naturally, the amount of electrons 
lost from any given section of this 
photoelectric plate depends upon the 


charged surface, that surface recovers 
its electrons and, in so doing, relays the 
charge to a flat metal supporting elec¬ 
trode which is back of, but insulated 
from, the photoelectric plate. 

In this manner, an electronic im¬ 
pulse is relayed from each spot which 
is hit by the electron beam. The size of 
each impulse corresponds to the 
amount of light striking the spot, so 
the sum of all the impulses (sent one 
at a time) constitutes a picture signed. 
The supporting electrode collects the 
picture signal and, after a great deal 
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of amplification, the picture signal is 
placed on a carrier wave and trans¬ 
mitted through space, just as in the 
mechanical television system. In addi¬ 
tion, impulses are sent at the begin¬ 
ning of each “frame” or new picture, 
to keep the image-reconstructing de¬ 
vices in step with the scanning mech¬ 
anism at the transmitter. 

Electronic Television Receivers. 
Figure 24 shows a simplified diagram 
of a typical electronic picture recon¬ 
structor. This employs an electron gun 
and two sets of electromagnetic de¬ 
flecting coils. Special oscillators gener¬ 
ate the current pulses which flow 
through these coils; the oscillators are 
controlled by the synchronising im¬ 
pulses sent out by lie transmitter. A 
spot of light appears on the special 
screen at the end of the tube when it is 
hit by the electron beam produced by 
the electron gun; the brilliance of the 
spot increases with the speed of the 
.electrons in the beam and with the 
number of electrons in the beam. 


The picture signal voltage controls the 
speed and number of the electrons in 
the beam by means of a special grid 
electrode, and the deflecting coils con¬ 
trol the scanning of the beam across, 
and up and down, the screen. The com¬ 
bined action is such that while the 
beam is sweeping across the screen, its 
intensity is changing continually in ac¬ 
cordance with the picture signal, and 
the effect of “painting” light on the 
screen is secured. The picture size is 
controlled here by the size of the 
screen; a 12-inch diameter tube gives 
a 7.5" X 10" picture. 



picture reconstructor tube. 
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Video Amplifier Requirements 


Television, like sound systems, re¬ 
quires both low- and high-frequency 
amplifiers. However, the requirements 
of both are far more exacting than 
those on the corresponding sound am¬ 
plifiers. Basically, there must be volt¬ 
age and power amplification, but the 
very wide frequency band which must 
be handled with a minimum of distor¬ 
tion requires special tubes and unique 
circuits, as we shall point out in later 
lessons. 

VIDEO FREQUENCIES 

The low-frequency television ampli¬ 
fier (called a video amplifier) appears 
almost misnamed, as it must handle 
frequencies which are well up in the 
r.f. range of sound systems. However, 
as in sound systems, the video signal is 
only that which was removed from the 
carrier by the demodulator; the tele¬ 
vision carrier is far higher in fre¬ 
quency. 

First, let’s see just what range of 
frequencies must be handled by the 
video amplifier. To begin with, we 
want a picture with the greatest possi¬ 
ble amount of detail. People are fa¬ 
miliar with the details of photographs 
and the movies and naturally expect 
television to be as good. As technical 
problems are solved, details become 
better, so that today the fidelity is ac¬ 
ceptable. Even so, still greater fidelity 
is being sought. 

► Another problem is flicker . To give 
the sensation of motion, the scene must 
be soanned over and over, with one 
scanning rapidly replacing another, 
just as in the movies. Each scanning 
is called a “frame” and, the more 
frames there are per second, the less 
chance there is for the eye to see them 
individually—they blend together bet¬ 


ter. If too few are transmitted, a flick¬ 
ering of the image becomes noticeable. 
► Greater picture detail can be ob¬ 
tained by increasing the number of 
lines per frame; increasing the number 
of frames per second gives less flicker 
of the reproduced picture. Both of these 
factors contribute to what is called 
high-definition (or high-fidelity) re¬ 
production. However, there are definite 
limits to the number of lines and 
frames which can be handled. 

Picture Elements. The maximum 
frequency of the picture signal current 
is of great interest to every television 
engineer, for all television equipment 
must be designed to handle this fre¬ 
quency. In order to have a way to cal¬ 
culate the maximum frequency of the 
picture signal current, it is assumed 
that the picture being scanned consists 
of a checker-board pattern of black 
and white squares, with each square 
being equal in size to one of the sensi¬ 
tized spots on the photoelectric plate 
of the television camera. (Since each 
of these sensitized spots is the smallest 
part, or element, that the camera can 
“see” of a scene, these spots are usually 
called “picture elements.”) 

The signal current is said to go 
through one cycle each time the elec¬ 
tron scanning beam passes over one 
light and one dark picture element, 
because the signal current goes through 
a maximum and a minimum value each 
time this happens. For our checker¬ 
board scene, the picture signal current 
goes through a cycle each time the 
scanning beam passes over two con¬ 
secutive picture elements. To find the 
maximum frequency of the picture sig¬ 
nal current, then, all we have to do is 
compute the number of picture ele¬ 
ments scanned per second and divide 
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by two (since it takes two elements 
to make one cycle). Let’s go through 
the simple computations involved and 
see just how high this maximum fre¬ 
quency may be. 

If each picture element is consid¬ 
ered to be as high as it is wide, it is 
easy to compute the number of ele¬ 
ments in one complete picture. Assum¬ 
ing a square picture with N lines, then 
there will be N picture elements per 
line, or N times N picture elements in 
the complete square picture, which is 
known technically as one frame. For 
example, at present the television 
standards call for a 525-line picture. 
Hence, in a square picture there will 
be 525 times 525 or 275,625 pioture ele¬ 
ments. For ordinary calculations, 276,- 
000 elements will be sufficiently accu¬ 
rate. 

Aspect Ratio. The pictures com¬ 
monly involved-in television are not 
square, however; they are wider than 
they are high. The width of a picture 
divided by its height is called the as¬ 
pect ratio. In order to conform to mo¬ 
tion picture standards, the aspect ratio 
has been standardised at 4/3 or 1.33. 
This means that the number of ele¬ 
ments in each line has been increased 
by the aspect ratio, which we will 
designate as a. Now the number of pic¬ 
ture elements per frame or picture will 
be N times N times a. For the example 
just considered, the total number of 
elements will therefore be 276,000 
times 4/3 or 368,000. 

Frame Frequency. The number of 
pictures sent per second is the frame 
(or picture) frequency; let us desig¬ 
nate it as F. By multiplying the num¬ 
ber of picture elements in a frame by 
the frame frequency, we get the total 
number of picture elements per sec¬ 
ond. The total number of picture ele¬ 
ments per second is then N X N X 
a X F. Since it takes two picture ele¬ 


ments to make a cycle, we get the 
maximum number of cycles per second 
by dividing the preceding formula by 
2. The standard frame frequency is 30; 
in our example, then, we get the maxi¬ 
mum frequency involved by multiply¬ 
ing 368,000 by 30 and then dividing by 
2; the result is 5,520,000 cycles per 
second.* 

Factors Affecting Frequency. In 
actual television practice, the pic-' 
ture elements are being scanned only 
about 85% of the time. The remainder 
of the time is used for sending line 
synchronizing impulses. This fact in¬ 
creases our maximum picture fre¬ 
quency because we must crowd our 
picture elements into 85% (85/100) 
of a second. We must, therefore, mul¬ 
tiply our computed value by 1.17, 
making the maximum picture fre¬ 
quency 1.17 times 5,520,000 or ap¬ 
proximately 6,458,400 cycles. 

► Up to this point, our analysis of 
the maximum frequency has been 
based upon the assumption that there 
is always a sharp contrast between ad¬ 
jacent elements of the picture or scene, 
one dark and the next light. Of course, 
this is not true in actual practice, for 
no scene is made up of perfectly ar¬ 
ranged checkerboard squares. Several 
adjacent picture elements in a line may 
reflect the same or nearly the same 
amount of light. Also, in most scenes, 
especially those having action, it is not 
necessary that slight variations be¬ 
tween the shades of adjacent picture 
elements be transmitted. The average 
scene thus contains -considerably less 
than the maximum possible number of 
cycles (changes from light to dark). 

This is quite fortunate, for it re¬ 
duces the maximum frequency re¬ 
quired. Tests and experience have 

•The formula now is: Maximum theo¬ 
retical picture frequency /, = 1$ N x & X 
•X^ 
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shown that apparatus capable of send¬ 
ing about 60% 9 ^ the maximum fre¬ 
quency is fairly satisfactory. Since the 
maximum number of cycles was as¬ 
sumed in our example, we multiply 6 ,- 
458,400 by .6 and get about 3,900,000 
cycles (3.9 megacycles) as the final 
maximum frequency for a 525-line pic¬ 
ture scanned 30 times per second, with 
the standard aspect ratio of 4/3. Any 
increase in this frequency up to the 



FIG. 25. The double-spiral typo of (canning disc 
at A illustrate! the principle of interlaced 
scanning. The arrangement is such that the suc¬ 
cessive holes on one spiral skip every other line 
of the image, and the holes on the other spiral 
scan the lines missed by the first spiral. The re¬ 
sult is shown at B. Whether produced by the 
double-spiral disc at A or by an electronic 
television system, the lines of the picture are 
scanned (and reproduced)-in the order I-3-5-7- 
9-1 l-l 3-15-17-2-4-6-8-10-12-14-16-18. 

extreme limit of 4.5 megacycles per¬ 
mitted within a television band gives 
a definite improvement in picture 
fidelity. 

The Minimum Frequency. The 
upper part of the average outdoor 
scene (usually the sky) is bright, 
while the lower part is considerably 
darker. In scanning such a scene, the 
picture elements are varying in light 
intensity at a high level for the upper 
half of the picture and at a low level 
for the remainder of the picture, giv¬ 
ing one cycle of change from light to 
dark for each scanning of the picture. 
Transmitting these changes properly 
calls for a minimum frequency corre¬ 


sponding to the vertical scanning fre¬ 
quency (the frame frequency). Satis¬ 
factory reproduction of slow changes 
in background illumination requires, 
however, that frequencies down to at 
least 10 cycles be passed, so we should 
consider 10 cycles as the minimum fre¬ 
quency for a practical high-fidelity 
television system. 

► For a 525-line picture having an as¬ 
pect ratio of 4/3 and a frame fre¬ 
quency of 30, the picture frequency 
ranges from a minimum of 10 cycles to 
a maximum of about 3.9 megacycles. 
Compare this with the frequency 
range of high fidelity sound, which ex¬ 
tends from about 35 to 8500 cycles per 
second) 

Interlaced Scanning. Increasing 
the number of frames per second re¬ 
duces flicker, but it also steps up the 
maximum signal frequency. For ex¬ 
ample, a 525-line picture with an as¬ 
pect ratio of 4/3 and 30 frames per 
second gives a maximum frequency of 
about 3.9 megacycles. At 60 frames 
per second, the maximum frequency 
becomes about 7.8 megacycles, which 
is way beyond the present ability of 
television apparatus. But scientists 
were not to be balked; they resorted 
to interlaced scanning, an old princi¬ 
ple of television which was used on 
many of the scanning disc systems. In 
these systems, the holes were arranged 
in two sets of spirals, as shown in Fig. 
25A. There was one set of holes scan¬ 
ning or reconstructing every other line, 
as illustrated in Fig. 25B. Although 
the number of lines in the picture is 
not increased, the frame is scanned 
vertically twice for each complete 
scanning of all the elements. This does 
not change the maximum signal fre¬ 
quency, but reduces flicker consider¬ 
ably. Each of the “scannings” are 
called a “field” to distinguish it from 
the complete image which is called a 
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frame . There are two fields in each 
frame, in the system just described. 
► This same principle of interlaced 
scanning has been applied to electronic 
television methods. It was discovered 
that at a field frequency of. 60, by 
using an odd number of scanning lines 
per picture, the picture would auto¬ 
matically interlace. This is why 625 
lines is the present standard rather 


nals, phase distortion is of little conse¬ 
quence because the human ear is con¬ 
cerned only with the frequency of a 
sound and with its strength, but in 
television, the phase distortion may 
tend to shift an impulse from one pic¬ 
ture element to the other which defi¬ 
nitely will cause distortion. 

The effects of phase distortion are 
illustrated in Fig. 26. When the signal 




FIG. 26. A comparison between the resultant waves will show that phase distortion will produce a 
different wave shape. In television, this means the spot brilliancy at the receiver will not correspond 

to that of the scene at the transmitter. 


than 600 lines or 520 lines or any other 
even number. 

PHASE DISTORTION 

Radio apparatus designed for sound 
signals must handle the required range 
of frequencies in the sound, and must 
not introduce either frequency or am¬ 
plitude distortion. Television ampli¬ 
fiers also have these requirements, as 
well as one other, that there be negligi¬ 
ble phase distortion. With sound sig- 


consists of a fundamental frequency 
A and a third harmonic B, the result¬ 
ant wave C will cause, when fed into 
a suitable reproducing device, light and 
dark areas to appear on the screen in 
exact reproduction of the light and 
dark areas of the original scene. If, 
however, radio apparatus were to shift 
the third harmonic by 90 degrees, as 
at D and E, the resultant wave at F 
will no longer represent the original 
scene. This can easily be proved by 
comparing corresponding points, such 
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Lesson Questions 


Be sure to number your Answer Sheet 14FR-2. 

Place your Student Number on every Answer Sheet. 

Send in your set of answers for this lesson immediately after you 
finish them , as instructed in the Study Schedule. This will give you the 
greatest possible benefit from our speedy personal grading service. 


1 . Name the three forms of intelligence which can be sent over either wire 
or radio communication systems. 

2. Why isn’t sound transmitted by a perfect vacuum? 

3 . What is the speed of sound graves through air under normal conditions? 

4. What three things can happen to sound waves which strike a material? 

5. How can the reverberation period of a room be reduced? 

6 . What are the two important characteristics of a sound having the form 
of a simple sine wave? 

7. Can the average human ear detect changes of less than 3 db in the in¬ 
tensity of a complex sound? 

8. Which TWO of the following are the most objectionable types of distortion 
insofar as sound signals are concerned: 1, frequency distortion; 2, ampli¬ 
tude distortion; 8, phase distortion? 

9. What characteristic of the human eye allows it to retain an impression of 
an object for a short time after that object has disappeared? 

10 . What is meant by the aspect ratio of a television picture? 
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A combination television and all-wave receiver. The television reproducer tube is at the upper left 


and the television receiver controls are in the ce 
are at the upper right. The loudspeaker (used for 
program) is behind the grille cloth 

as x, on the waves C and F. Since the 
amount of light produced on the screen 
of the image reconstructor tube de¬ 
pends on the amplitude of the wave, 
this difference in amplitude may easily 
make the image element far lighter or 
far darker than the original. 

Looking Ahead. Now that you have 
some idea of the requirements placed 
on low-frequency amplifiers, you are 


nter. The broadcast-short wave receiver controls 
both the all-wave set and for the television sound 
at the bottom of the cabinet front. 

ready to study practical amplifiers. In 
your next lesson, you will learn how 
low-frequency amplifiers are made to 
meet the requirements you have just 
studied. Then, in other lessons, you 
will go on to high-frequency amplifiers, 
demodulators, and other radio sections 
and stages. Soon you will have a com¬ 
plete understanding of all the sec¬ 
tions in modern receivers. 
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